
TELEPHONE SET AND RESPONSE METHOD TO INCOMING CALL 
BACKGROUND OF THE INVENTION 
Field of the Invention 

The present invention relates to a telephone set and a 
method of a response to an incoming call and more particularly 
to an IP (Internet Protocol) telephone set used to pass a voice 
signal through a packet network using an internet protocol. 

The present application claims priority of Japanese Patent 
Application No . 2000-145818 filed on May 18,2000, which is hereby 
incorporated by reference. 

Description of the Related Art 

In a conventional IP telephone set to pass a voice signal 
through a packet transmission path using an internet protocol, 
when a handset is put in an off-hook state or when a monitor of 
a speaker is turned ON in order to make a response to an incoming 
call, a signal representing a state change caused by the above 
operations is transmitted to a network and, in response to this 
signal, packet data of a voice of a party on the other end is 
transmitted from the network to a user as a voice. Moreover, the 
user, after having obtained an instruction transmitted from the 
network, sends out his/her voice to allow transmission of a speech 
to the network. 

Figure 3 is a schematic block diagram showing 
configurations of the conventional IP telephone set. In Fig. 3, 
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an IP telephone set 3 includes a packet network interface 31 used 

to transmit and receive a packet signal from and to a packet network 

100, an unpacketing section 32 used to take out signal receipt 

controlling data and voice receiving data from a received packet, 

5 a packeting section 33 used to packet signal transmission 

controlling data and voice transmission data, a control section 

34 to control a telephone on a whole, a codec 35 used to convert 

digital voice receiving data into analog voice receiving data and 

to convert analog voice transmission data to digital voice 

P 10 transmission data, a tone generator 38 used to generate various 

a] digital signal voices, a key matrix 36 used to detect key 

,]H operations of the user, a hook switch 37, a handset 39 used to 

01 

Ul input and output receiving and transmitting voices, a speaker 40 

used to amplify receiving voices and a microphone 41 used to input 
m 15 transmitting voices. 

r*. The packet network interface 31 is connected to the packet 

p network 100, the unpacketing section 32 and the packeting section 

33. The unpacketing section 32 is connected to the control section 
34 and the codec 35. The packeting section 33 is connected to the 
20 control section 34 and the codec 35. The key matrix 36 and the 
hook switch 37 are connected to the control section 34. The tone 
generator 38 is connected to the control section 34 and the codec 
35. The handset 39, speaker 40 and microphone 41 are connected 
to the codec 35. 

25 Figure 4 is a diagram showing a control signal sequence at 

the time of the response to the incoming call in the IP telephone 
set 3 and the packet network 100. Operations at the time of the 
response to the incoming call in the IP telephone set 3 and the 
packet network 100 will be described by referring to Fig. 3 and 
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Fig. 4. 

When an instruction to make ringing sounds is transmitted 
from the packet network 100 to the IP telephone set 3, the 
instruction is received by the packet network interface 31 and 
5 data on the instruction to make ringing sounds is taken out by 
the unpacketing section 32 from received packets and is 
transmitted to the control section 34. 

An incoming call data generation instructing function 
section 34a in the control section 34 instructs the tone generator 

10 38 to generate incoming call data and instructs the codec 35 to 
convert the incoming call data fed from the tone generator 38 into 
analog incoming call data and to transmit it to the speaker 40. 
The incoming call data generated by the tone generator 38 is 
converted into analog signals by the codec 35 and is transmitted 

15 as the incoming call from the speaker 40. 

The user having confirmed the incoming call puts the handset 
39 in an off-hook state. A result of the off-hook operation of 
the user is transmitted to the hook switch 37 and is detected by 
the control section 34. The control section 34, when detecting 

20 the off-hook operation, instructs the tone generator 38 and the 
codec 35 to stop the transmission of the incoming call and, at 
the same time, generates an off-hook signal and transmits the 
generated signal to the packeting section 33. The off -hook signal 
is incorporated into the packet to be transmitted in the packeting 

25 section 33 and is transmitted to the packet network 100 from the 
packet network interface 31. 

From this point, the IP telephone set 3 becomes soundless. 
Moreover, even if the user starts the transmission of speech 
signals following the off-hook operation, since the IP telephone 



set 3 is not prepared for the speech transmission, the 
transmitting voice is not transmitted to the packet network 100. 

Though a voice signal of the party on the other end is 
transmitted as a response to the off-hook signal from the packet 
5 network 100, a delay caused by a traffic in the packet network 
100 develops. During this time, a soundless state continues. 

When a voice signal of the party on the other end is 
transmitted from the packet network 100, the voice signal is 
received by the packet network interface 31 and the voice signal 

10 of the party on the other end is taken out from received packets 
by the unpacketing section 32 and is transmitted to the codec 35. 
The codec 35 converts the voice signal of the party on the other 
end into analog voice signals and a voice receiving section (not 
shown) of the handset 39 transmits the converted voice signal to 

15 the user, thus enabling the user to hear the voice of the party 
on the other end. 

When a speech transmission permitting signal is transmitted 
as a response to the off-hook signal from the packet network 100, 
the a speech transmission permitting signal is received by the 

20 packet network interface 31 and the speech transmission 
permitting signal is taken out from received packets by the 
unpacketing section 32 and is transmitted to the control section 
34 . 

The control section 34, when having received the speech 
25 transmission permitting signal, instructs the codec 35 to 
transmit the transmitting voice of the user which has been input 
from a transmitting section (not shown) of the handset 39. In the 
codec 35, the analog transmitting voice fed from the handset 39 
is converted into digital transmitting data and is then 
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transmitted to the packeting section 33. The transmitting data 
is incorporated in the packet to be transmitted by the packeting 
section 33 and is transmitted as the speech transmitting voice 
signal, from the packet network interface 31 to the packet network 
5 100. 

The conventional IP telephone set has a problem in that, 
an arrival of the voice of the party on the other end, in response 
to the off-hook operation at the time of the incoming call, is 
delayed due to a traffic condition in the packet network and, 
10 during the delay, the user, though having put the IP telephone 
set in the off-hook state, does not hear the voice of the party 
on the, other end and the IP telephone becomes soundless, thus 
causing the user to have the distrust in operations of the IP 
telephone set . 

15 The conventional IP telephone set has another problem in 

that, an arrival of the speech transmission permitting signal, 
in response to the off-hook operation at the time of the response 
to incoming calls, is delayed due to traffic conditions in the 
packet network and, during the delay, even if the user starts the 

20 transmission of speech following the off-hook operation, speech 
is not transmitted to the party of the other end, thus making it 
difficult to adjust the timing of starting the transmission of 
speech . 

2 5 SUMMARY OF THE INVENTION 



In view of the above, it is an object of the present invention 
to provide a telephone set and a method of a response to an incoming 
call which can prevent a user from having a distrust in operations 



of the telephone set and can prevent missing of a head of 
transmitted speech and can provide operability that can make the 
user be free from stresses. 

According to a first aspect of the present invention, there 
is provided a telephone set including: 

a notifying / instructing unit used to make an instruction 
to continuously notify to outside that an awaiting state is kept 
at a time of a response to an incoming call until a voice of a 
party on the other end is heard. 

In the foregoing, a preferable mode is one wherein the 
notifying / instructing unit is used to make an instruction to 
transmit a predetermined signal voice and to continuously notify 
that the awaiting state is kept until the voice of the party on 
the other end is heard. 

Also, a preferable mode is one that wherein includes a unit 
used to generate the predetermined signal voice, a tone generator. 

Also, a preferable mode is one wherein the notifying / 
instructing unit is used to make an instruction to transmit a 
predetermined display signal and to continuously notify that the 
awaiting state is kept until the voice of the party on the other 
end is heard. 

Also, a preferable mode is one that wherein includes a unit 
used to generate the predetermined display signal. 

Also, a preferable mode is one wherein the notifying / 
instructing unit, after having stopped the transmission of the 
incoming call at the time of the response to the incoming call, 
notifies continuously that the awaiting state is kept until the 
voice of the party on the other end is heard. 

Also, a preferable mode is one wherein the notifying / 



instructing unit, after the transmission of the incoming call has 
been stopped by either an off-hook operation of a handset or a 
monitor-on operation of a speaker at the time of the response to 
the incoming call, continuously notifies that the awaiting state 
is kept until the voice of the party on the other end is heard. 

Also, a preferable mode is one wherein the telephone set 
is used for an IP telephone set to transmit and receive a voice 
signal to and from a packet network using an internet protocol. 

According to a second aspect of the present invention, there 
is provided a method of a response to an incoming call including: 

a step of making an instruction to continuously notify to 
outside that an awaiting state is kept at a time of a response 
to. the incoming call until a voice of a party on the other end 
is heard. 

In the foregoing, a preferable mode is one that wherein 
includes a step of making an instruction to transmit a 
predetermined signal voice and to continuously notify that the 
awaiting state is kept until the voice of the party on the other 
end is heard. 

Also, a preferable mode is one that wherein includes a step 
of instructing the predetermined signal voice to be transmitted 
to a unit used to generate the predetermined signal voice. 

Also, a preferable mode is one that wherein includes a step 
of making an instruction to transmit a predetermined display 
signal and to continuously notify that the awaiting state is kept 
until the voice of the party on the other end is heard. 

Also, a preferable mode is one that wherein includes a step 
of instructing a unit to generate the predetermined display signal 
to transmit the predetermined display signal. 
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Also, a preferable mode is one that wherein includes a step 
of continuously notifying, after having stopped the transmission 
of the incoming call at the time of the response to the incoming 
call, that the awaiting state is kept until the voice of the party 
5 on the other end is heard. 

Also, a preferable mode is one that wherein includes a step 
of notifying continuously, after the transmission of the 
incoming call has been stopped by either an off-hook operation 
of a handset or a monitor-on operation of a speaker at the time 
Q 10 of the response to the incoming call, that the awaiting state is 
m kept until the voice of the party on the other end is heard. 

Furthermore, a preferable mode is one that wherein includes 
\r\ a step of using a telephone set for IP telephone set to transmit 

I li 

_ and receive a voice signal to and from a packet network using an 

™ 15 internet protocol. 

^\ With the above configurations, by using a tone generator 

p mounted within the IP telephone set, the signal voice is 

continuously generated subsequent to the stop of incoming calls 
after the off-hook operation to continue to have the user hear 
20 until both the voice signal of the party on the other end and the 
speech transmission permitting signal are received from the 
packet network. Here, though the user expects to receive the voice 
of the party on the other end, by the off-hook operation, at the 
time of the response to incoming calls or expects that the 
25 transmission starts immediately after the off-hook operation, the 
situation that the user expects cannot occur due to the delay in 
the packet network. By using the tone generator embedded in the 
IP telephone set, the user hears the signal voice notifying the 
awaiting state and continues to hear the signal voice until 
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receiving and transmitting of speech is made possible. The user, 
while hearing the signal voice notifying the awaiting state from 
the IP telephone set, recognizes that the delay has developed on 
the packet network side and waits until the occurrence of the 
5 signal voice notifying the awaiting state is stopped and then 
starts the speech communication with the party on the other end. 
This enables a soundless state and a speech disabled period caused 
by the delay in the packet network in the off-hook operation at 
the time of the response to incoming calls to be transmitted using 
□ 10 the signal voice to the user. As a result, the user can recognize 
m continuation and termination of these periods . Thus, the awaiting 

yi 

state is notified continuously to outside until the voice of the 
party on the other end is heard at the time of the response to 
the incoming call and, therefore, missing of the transmitted 
15 speech can be prevented without causing the user to have a distrust 

y i 

r\ in operations of the telephone set and operability that makes the 

p user be free from stresses can be provided. 



BRIEF DESCRIPTION OF THE DRAWINGS 

20 

The above and other objects, advantages, and features of 
the present invention will be more apparent from the following 
description taken in conjunction with the accompanying drawings 
in which: 

25 Fig. 1 is a schematic block diagram showing configurations 

of an IP telephone set according to an embodiment of the present 
invention; 

Fig. 2 is a diagram showing a control signal sequence at 
a time of a response to an incoming call in the IP telephone set 
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and a packet network according to the embodiment of the present 
invention; 

Fig. 3 is a schematic block diagram showing configurations 
of a conventional IP telephone set; and 
5 Fig. 4 is a diagram showing a control signal sequence at 

a time of a response to an incoming call in the conventional IP 
telephone set and a conventional packet network. 



DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 
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Best modes of carrying out the present invention will be 
described in further detail using one embodiment with reference 
to the accompanying drawings . 



~ 1 5 Embodiment 



Figure 1 is a schematic block diagram showing 
configurations of an IP telephone set 1 according to an embodiment 
of the present invention. The IP telephone set 1 of the embodiment 

20 of the present invention includes a packet network interface 11 
used to transmit or receive a packet signal to and from a packet 
network 100, an unpacketing section 12 to take out signal receipt 
controlling data and voice receiving data from the received packet 
signal, a packeting section 13 used to packet the signal 

25 transmission controlling data and voice transmission data , a 
control section 14 used to control the entire IP telephone set 
1, a codec 15 used to convert digital voice receiving data into 
analog receiving voice signal and to convert an analog speech 
transmitting voice signal to digital voice transmission data, a 
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tone generator 18 used to generate various digital signal voices, 
a key matrix 16 used to detect operations of a key of a user, a 
hook switch 17, a handset 19 used to input and output receiving 
and transmitting voices, a speaker 20 to amplify received voices 
5 and a microphone 21 used to input transmitting voices. 

The packet network interface 11 is connected to the packet 
network 100, the unpacketing section 12 and the packeting section 
13. The unpacketing section 12 is connected to the control section 
14 and the codec 15. The packeting section 13 is connected to the 
Cl 10 control section 14 and the codec 15. 

m The key matrix 16 and the hook switch 17 are connected to 

-£} the control section 14. The tone generator 18 is connected to the 

y"l 

m control section 14 and the codec 15. The handset 19, speaker 20, 

?? i 

S* and microphone 21 are connected to the codec 15. 

15 Figure 2 is a diagram showing a control signal sequence at 

r! a time of a response to an incoming call in the IP telephone set 

*s j 

1 and a packet network 100 according to the embodiment of the 

; i 

present invention. Operations at the time of the response to the 
incoming call in the IP telephone set 1 and the packet network 

20 100 will be described by referring to Fig. 1 and Fig. 2. 

When an instruction to make ringing sounds is transmitted 
from the packet network 100 to the IP telephone set 1, the 
instruction is received by the packet network interface 11 and 
data on the instruction to make ringing sounds is taken out by 

25 the unpacketing section 12 from received packets and is 
transmitted to the control section 14. The control section 14, 
by using an incoming call data generation instructing function 
section 14a, instructs the tone generator 18 to generate incoming 
call data and also instructs the codec 15 to convert the incoming 
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call data fed from the tone generator 18 into analog signals and 
to output it to the speaker 20. 

The incoming call data generated by the tone generator 18 
is converted into analog signals by the codec 15 and is transmitted 
5 as the incoming call from the speaker 20 . The user, when confirming 
the incoming call data, puts the handset 19 into an off-hook state. 
Off-hook operation of the user is detected through the hook-switch 
17 by the control section 14. 

The control section 14, when detecting the off-hook 
p 10 operation, instructs the tone generator 18 and the codec 15 to 
gi stop the transmission of the incoming call and, at the same time, 

Jj by using an awaiting voice generation instructing function 

m 

Q? section 14b, instructs the tone generator 18 to generate a sxgnal 

voice informing an "awaiting state" and instructs the codec 15 

hi 15 to transmit the signal voice information to the handset 19. 

y i 

H At the same time, the control section 14 generates an 

Q off-hook signal and transmits it to the packeting section 13. The 

off-hook signal is incorporated in the packet to be transmitted 
by the packeting section 13 and is transmitted from the packet 
20 network interface 11 to the packet network 100. From this point, 
in the IP telephone set 1, a signal voice informing the awaiting 
state is generated continuously from the handset 19 and the user 
recognizes that a start of transmitting and receiving is delayed. 

When a voice signal of a party on the other end is transmitted 
25 from the packet network 100, the signal is received by the packet 
network interface 11 and the voice signal of the party on the other 
end is taken out from the received packet by the unpacketing 
section 12 and is transmitted to the codec 15 . The codec 15 converts 
voice data of the party on the other end to analog voice signals, 
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mixes it with signal voices informing the awaiting state and 
transmits them through the voice receiving section (not shown) 
of the handset 19 to the user, thus making it possible for the 
user to hear the voice of the party on the other end. 
5 When a speech transmission permitting signal is transmitted, 

in response to the off-hook signal, from the packet network 100, 
the speech is received by the packet network interface 11 and 
speech transmission permitting data is taken out from received 
packets by the unpacketing section 12 and is transmitted to the 

10 control section 14. 

The control section 14, when receiving the speech 
transmission permitting signal, instructs the tone generator 18 
to stop the generation of the signal voice informing the awaiting 
state and instructs the codec 15 to transmit the transmitting 

15 voice of the user, which has been input from the transmitting 
section (not shown) of the handset 19, to the packeting section 
13. The codec 15 converts the analog transmitting voice fed from 
the handset 19 into the digital transmitting data and transmits 
it to the packeting section 13. The transmitting data is 

20 incorporated in the packet to be transmitted by the packeting 
section 13 and is transmitted as the speech transmitting voice 
signal from the packet network interface 11 to the packet network 
100. 

Thus, by informing the user of a delay occurring in the 
25 packet network 100 which is not visible, using a signal voice, 
the user who has heard by a signal voice at a time of the off-hook 
operation in response to the incoming call recognizes normal 
operations of the IP telephone set 1, which can prevent the user 
from having a distrust in operations of the IP telephone set 1. 
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Moreover, by informing the user of the delay occurring in 
the packet network 100 which is not visible, using the signal voice, 
the user who has heard the signal voice at a time of the off- 
hook operation, in response to the incoming call, recognizes 
5 normal operations of the IP telephone set 1 and starts 
transmission with timing in which the transmission is permitted, 
caused by the stop of signals, missing of a head of a transmitted 
speech can be prevented and operability that can make the user 
be free from stresses can be provided. 

10 It is apparent that the present invention is not limited 

to the above embodiments but may be changed and modified without 
departing from the scope and spirit of the invention. For example, 
in the above embodiment, by causing the handset 19 to generate 
the signal voice, the user recognizes the awaiting state, however, 

15 the signal voice may be generated by using not the handset 19 but 
the speaker 20. A lamp on the IP telephone set 1 or a liquid crystal 
board (not shown) , instead of the signal voice, may be used to 
have the user recognize the awaiting state. A frequency, timbre, 
voice, light-emitting substance may be employed as means to inform 

20 the awaiting state. Communication method other than the packet 
network 100 may be used in the method. Moreover, in the embodiment, 
speech operation using the handset 19 is provided, however, a 
hand-free speech operation using the microphone 21 embedded in 
the IP telephone set 1 or the speaker 20 may be used or a head 

25 set (not shown) may be used instead of the handset 19. 



